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Description 

[0001 ] The invention relates to a loudspeaker system 
as defined in the preamble of claim 1. 
[0002] A loudspeaker system of this type is disclosed 5 
in US Patent 5 233 664. The system described in said 
patent comprises m loudspeakers and N microphones, 
which are arranged predetermined distances away from 
the loudspeakers. Each loudspeaker receives an input 
signal from a separate series circuit of a digital filter and '0 
an amplifier. Each of said serin circuits receives the 
same electrical input signal, which has to be converted 
into an acoustic signal. The digital filters have filter co- 
efficients which are adjusted by a control unit, which re- 
ceives, inter alia, output signals from the microphones. '5 
The loudspeakers are arranged in a predetermined 
manner. The objective is to be able to generate a pre- 
determined acoustic pattern. During operation the con- 
trol unit receives the output signals from the micro- 
phones and, on the basis of these, adjusts the filter co- 20 
efficients of the digital filters until the predetermined 
acoustic pattern has been obtained. Loudspeakers in a 
linear array, in a matrix form end in a honeycomb struc- 
ture are described in the embodiments. 
[0003] The directional sensitivity of the known loud- 25 
speaker system can be controlled up to about 1400 Hz 
for the embodiments with a linear array and a matrix ar- 
rangement. An upper limit of about 1800 Hz is cited for 
the honeycomb structure. This upper limit is inadequate 
for many audio applications and it would be desirable to 30 
provide a loudspeaker system which can control the di- 
rectional sensitivity up to frequencies of about 10 kHz. 
[0004] GB-A-2, 273,848 discloses a loudspeaker sys- 
tem directed to solving the problem of directivity of a 
group of loudspeakers. The directivity of the loudspeak- 35 
er units is controlled by changing the characteristics of 
the associated digital filters and the loudspeaker units 
are separated in accordance with a reproduction range 
of a common input signal, and the loudspeaker units are 
separated into different groups. *o 
[0005] DE- A-3.506, 1 39 discloses a loudspeaker sys- 
tem in which loudspeakers are arranged according to a 
non-equidistant arrangement. The object of this known 
loudspeaker system is to provide a system which is ad- 
justed to the human ear wherein dull sounds are sup- 45 
pressed and lower frequencies can be heard with a bet- 
ter timbre. 

[0006] In J. van der Werff, "Design and implementa- 
tion of a Sound Column with Exceptional Properties", 
96th Convention of the AES (Audio Engineering Socie- so 
ty), February 26 - March 1, 1994, Amsterdam, an ana- 
logue loudspeaker system is described in which the in- 
dividual loudspeakers are arranged at non-equidistant 
spacings along a straight line. The gaps between the 
individual loudspeakers are calculated on the basis of 55 
the criterion of maintaining the side lobes of the acoustic 
pattern transmitted during operation so as to be at a suit- 
ably low level. The density of the number of loudspeak- 
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ers per unit length, is greater in the vicinity of the acoustic 
centre than at a distance away from this. 
[0007] The primary objective of the present invention 
is to provide a loudspeaker system which has a control- 
led directional sensitivity over as wide a frequency range 
as possible. 

[0008] A further objective of the invention is to provide 
a loudspeaker system wherein the maximum deviation 
of the directional sensitivity is as far as possible constant 
over the envisaged frequency range. 
[0009] To this end, the invention provides a loud- 
speaker system according to the type described above, 
characterised by the characterizing features of claim 1 . 
By not making the mutual spacing of the loudspeakers 
equidistant but adapting it to the frequency require- 
ments, it is possible to control the directional sensitivity 
up to, certainly, 8 kHz. The side lobe level is reduced at 
the same time. By choosing the claimed distribution, the 
maximum deviation of the directional sensitivity over the 
envisaged frequency range is kept as constant as pos- 
sible and spatial aliasing at higher frequencies is coun- 
teracted. Primarily it is not so much the form of the sound 
pattern as the transmission angle which is controlled. 
Instead of one set of loudspeakers there might be sev- 
eral sets, as claimed in depended claims 2, 3 and 4. 
[0010] Preferably, the loudspeakers are identical. 
[0011] The further sets of loudspeakers can be ar- 
ranged in various rows, each of which is optimised for 
a specific, predetermined frequency band. The loud- 
speakers arranged in said rows can, for example, be of 
different dimensions and/or have a different exponential 
distribution. 

[0012] The filters can be FIR filters or IIR filters. 
[0013] Preferably, the filters are digital filters which 
have predetermined filter coefficients and are each con- 
nected in series with associated delay units having pre- 
determined delay times ; which filter coefficients and de- 
lay times are stored in a memory, for example an 
EPROM. 

[001 4] The audio signal preferably originates from an 
analogue/digital converter, which also has an input for 
receiving a background signal corresponding to the 
sound in the surroundings. Said analogue/digital con- 
verter can be provided with an output for connection to 
at least one dependent ancillary module. 
[0015] The invention will be explained in more detail 
below with reference to a few diagrammatic drawings, 
in which: 

Figure 1a shows an effective, normalised array 
length as a function of the angular frequency for a 
distribution of three loudspeakers per octave band; 
Figure 1 b shows the deviation of the opening angle 
a as a function of the angular frequency for a distri- 
bution of three loudspeakers per octave band; 
Figures 2a to 2d show various arrangements of 
loudspeakers in accordance with the present inven- 
tion; 
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Figure 3 shows a diagrammatic overview of an elec- 
tronic circuit which can be used to control the loud- 
speakers; and 

Figure 4 shows an example of an acoustic pattern. 

[0016] The present description refers to an array of 
loudspeakers. Such an array can be one-dimensional 
(line array) or two-dimensional (plane). 
[0017] If the transmitting portion for each frequency 
component in a sound signal which is reproduced is pro- 
portional to the wavelength of the frequency component 
concerned, the array is found to display frequency-inde- 
pendent behaviour. Two concepts are important for 
good understanding of the present invention: the open- 
ing angle and the transmission angle. The opening an- 
gle is, by definition, the angle through which a sound 
source can be turned such that the sound pressure does 
not fall by more than 6 dB with respect to the maximum 
value which is measured at a fixed point in a plane in 
which the sound source is located, and at a distance 
which is large compared with the physical dimensions 
of said sound source. Said angle is indicated by "a" in 
Figure 4, which figure will be discussed further below. 
The transmission angle is, by definition, the angle p 
which the axis of symmetry of the transmission pattern 
makes with a plane perpendicular to the axis along 
which a one-dimensional array is arranged, or with a 
middle vertical line of the plane in which a two-dimen- 
sional array is arranged (Figure 4). In the case where a 
two-dimensional array is used, two opening angles and 
two transmission angles can be defined for a transmis- 
sion pattern. 

{0018] The following relationship applies for the di- 
mensions d-the effective portion of a linear array having 
an infinite number of loudspeakers, as a function of the 
frequency: 



[0020] Because an array in practice does not consist 
of an infinite number of loudspeakers but is composed 
of a limited number ot loudspeakers, the array size 1 (to) 
is quantised. As can be seen from Figures 1a and 1b, 

5 this results in a limited resolution in the opening angle 
ex. Figure 1a shows the effective array length (logarith- 
mic) as a function of the angular frequency (logarithmic 
1/3 octave) for a distribution of three loudspeakers per 
octave band Figure 1 b shows the deviation of the open- 

'0 ing angle a as a function of the angular frequency for a 
distribution of three loudspeakers per octave band. Of 
course, this is merely an example and the invention is 
not restricted to three loudspeakers per octave band. 
[0021] The criterion taken for calculation of the spac- 

'5 ing of loudspeakers is that the maximum deviation of the 
directional sensitivity must be kept as constant as pos- 
sible over the envisaged frequency range. As will be- 
come apparent below, this can be achieved by providing 
the loudspeakers used, SP,, SP 2 , .... with an exponen- 

20 tial arrangement with respect to a central loudspeaker 
SP 0 . This also results in minimalisation of the deviation 
of the opening angle a and minimalisation of the number 
of loudspeakers required. 

[0022] The frequency-dependent variation in a is in- 
25 versely proportional to the number of loudspeakers per 
octave band and theoretically is 50 % for a distribution 
of one loudspeaker per octave. Preferably, in practice 
use is made of at least two to three loudspeakers per 
octave. 

30 [0023] If the array size l(co) in a single dimension is 
quantised with the aid of n steps per octave band, the 
following relationship then applies for the array size: 



35 
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/(/) = Jr. -Si . where 0 < / < n - 1 (3) 
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where: 



I (co) = the effective array size.- 

c 0 = the speed of sound (m/s) 

k = a proportionality constant, which is a measure 

of the opening angle a 

to = angular frequency (rad/s) 

The following rule of thumb can be used to calculate the 
proportionality constant k: 



k = 



72 ! 



a 



(2) 



where: a is the desired opening angle in degrees. 
[0019] This relationship for the proportionality con- 
stant k has an accuracy of more than 90 % for k > 1 . 



40 



where: 



co mjn = the lowest reproducible angular frequency 
(radians per second) at which the opening angle a 
is still controlled; 

n - number of loudspeakers per octave band; 
45 n max - tne tota ' number of discrete steps in a single 
dimension, depending on the desired frequency 
range. 

[0024] For a value of i - 0, this gives the maximum 
50 physical dimension of the array, which is dependent on 
w min and k (<*). 

[0025] The loudspeaker positions depend on the 
physical configuration of the array. Said configuration 
can be asymmetrical or symmetrical. In the case of an 
« asymmetrical configuration, the central loudspeaker 
SP 0 is located at one side of the array, as is shown in 
Figure 2a. The above Equation 3applies for the distance 
l(i) between the loudspeaker positions and the central 
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loudspeaker SP 0 , which corresponds to an exponential 
distribution. In order to produce such an array, n maj( 
loudspeakers are required in one dimension. 
[0026] Figure 2b shows a symmetrical arrangement 
of loudspeakers around a central loudspeaker SP 0 , 
which is located in the middle. The above Equation 3 
multiplied by a factor of 1/2 applies for loudspeakers 
SP V SP 2 , SP 3 ....whilst Equation 3 multiplied by a factor 
of -1/2 applies for loudspeakers ... SP. 3 , SP. 2 , SP. V For 
a symmetrical arrangement according to Figure 2b, 
2.n max -l loudspeakers are needed. It is found that the 
symmetrical arrangement according to Figure 2b gives 
a better suppression of the side lobe level than does the 
asymmetrical arrangement according to Figure 2a. 
[0027] In fact, Figure 2b is a combination of 2 array 
configurations according to Figure 2a with coincident 
central loudspeakers. These two separate loudspeaker 
arrays can also be located on two line sections, which 
do not lie in the extension of one another. 
[0028] Instead of the configurations shown in Figures 
2a and 2b, two-dimensional configurations are also pos- 
sible. Figure 2c shows a matrix arrangement of loud- 
speakers, in which various loudspeaker arrays accord- 
ing to Figure 2b are arranged parallel to one another 
n maxhor- n max vert loudspeakers are present in an ar- 
rangement of this type. Here n maxhor is the number of 
loudspeakers in the horizontal direction and n maxver1 is 
the number of loudspeakers in the vertical direction. 
[0029] Figure 2d shows a two-dimensional configura- 
tion with an arrangement in the form of a cross. Figure 
2d shows two loudspeaker arrays according to Figure 
2b which are arranged perpendicular to one another 
.with a coincident central loudspeaker SP 00 . n max hor + 
rnnax vert - 1. loudspeakers are present in the arrangement 
according to Figure 2. 

[0030] Of course, arrangements along other and 
more lines crossing one another are also possible. The 
only proviso in the context of the present invention is 
that the various loudspeaks SPjj are arranged in accord- 
ance with an exponential distribution, for example as de- 
fined by the above Equation 3. 
[0031] In practice, the loudspeakers have a definitive 
physical size. This physical size determines the minimal 
possible spacing between the loudspeakers. Those 
loudspeakers which, in accordance with the above 
Equation 3 : would have to be placed a distance apart 
which is smaller than the physical size permits are, in 
practice, placed in contact with one another. This leads 
to concessions with regard to the resolution in the fre- 
quency range concerned. Naturally, the concessions 
with regard to the resolution are as small as possible if 
the sizes of the loudspeakers are chosen to be as small 
as possible. However, smaller loudspeakers usually 
\ have poorer characteristics with regard to power and ef- 
ficiency. Therefore, in practice, a compromise will al- 
jways have to be made between the quality of the loud- 
speakers and the concessions in respect of the resolu- 
tion. 



[0032] Preferably, all loudspeakers must have the 
same transfer function. Therefore, all loudspeakers in 
the one-dimensional or two-dimensional array are pref- 
erably identical to one another. 
5 [0033] It is, however, also possible to use various ar- 
rays arranged alongside one another which are provid- 
ed with different loudspeakers, in which case the dimen- 
sions of the loudspeakers and their mutual positions in 
the various arrays are optimised for a specific limited 
1 o frequency band. In that case no concessions have to be 
made in respect of the resolution and the power or the 
efficiency. Of course, this is at the expense of the 
number of loudspeakers required. 
[0034] Figure 3 shows a diagrammatic overview of a 
*s possible electrical circuit for controlling the loudspeak- 
ers. For ease, only the loudspeakers SP 0 , SP, SP m 
and the associated electronics are indicated in the fig- 
ure. Therefore, Figure 3 corresponds to the loudspeaker 
array according to Figure 2a. However, similar electron- 
ic ic circuits also apply for other loudspeaker arrays ac- 
cording to the invention, for example according to Fig- 
ures 2b, 2c and 2d. 

[0035] Each loudspeaker SPj receives an input signal 
from a series circuit comprising a filter F i( a delay unit Dj 

25 and an amplifier A v The filters Fj are preferably digital 
filters of the FIR (Finite Impulse Response) type or of 
the IIR (Infinite Impulse Response) type. If IIR filters are 
used, they preferably have a Bessel characteristic. The 
coefficients of the filters F; are calculated beforehand 

30 and stored in a suitable memory, for example an 
EPROM. This preferably takes place during manufac- 
ture of the loudspeaker system. The filter coefficients of 
the filters F s are then no longer adjusted during opera- 
tion, so that it is then possible to dispense with an elec- 
ts tronic control unit which would be connected to the filters 
Fj and the delay unit Dj for adjusting the filter coefficients, 
or the delay times, during operation on the basis of the 
sound pattern recorded by microphones. However, use 
of such a feedback to a control unit (not shown here) 

to and various microphones, as is disclosed in the above- 
mentioned US Patent 5 233 664, is possible within the 
scope of the present invention. 
[0036] The delay times for each of the delay units Dj 
are preferably also calculated beforehand during man- 

**5 ufacture and stored in a suitable chosen memory, for 
example in an EPROM. These delay times are then also 
no longer changed during operation. 
[0037] Each of the filters Fj receives an audio signal 
AS via a first output S 0l of an analogue/digital converter 

50 ADC. The analogue/digital converter ADC receives a 
first analogue input signal S n , which has to be converted 
by the loudspeakers SP 0 , SP, .... into a sound pattern 
with a predetermined directional sensitivity. 
[0038] Preferably, the analogue/digital converter ADC 

55 is also connected to a measurement circuit which is not 
shown, which supplies a second input signal S i2 which 
is a measure for the noise in the surroundings. Depend- 
ing of the level of the noise in the surroundings (that is 
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to say the amplitude of the input signal S i2 ), the ana- 
logue/digital converter ADC automatically adapts its 
output signal S 0l in such a way that the sound produced 
by the loudspeakers SP 0 , SP } is automatically ad- 
justed to the noise in the surroundings. 
[0039] The analogue/digital converter ADC can also 
be connected to one or more ancillary modules NM, one 
of which is shown diagrammatically in Figure 3. The an- 
alogue/digital converter ADC controls said one or more 
ancillary modules NM via a second output signal S o2 . 
[0040] The number of loudspeakers can be expanded 
by the use of one or more such ancillary modules NM. 
To this end, the one or more ancillary modules NM then 
consist(s) of one or more of the loudspeaker configura- 
tions according to Figures 2a, 2b, 2c and/or 2d or vari- 
ants thereof, each of the loudspeakers being provided 
with a series circuit comprising a (digital) filter, a delay 
unit and an amplifier, as is indicated in the upper part of 
Figure 3 for the loudspeakers SP 0 , SP^ .... 
[0041] It is, however, also possible to equip the ancil- 
lary module NM only with various parallel series circuits 
comprising a (digital) filter, a delay unit and an amplifier, 
which series circuits are then connected to the loud- 
speakers SP 0 , $P<i ... of the main module according to 
Figure 3. With an arrangement of this type, various 
transmission patterns with different directional sensitiv- 
ity can be generated with a single loudspeaker array. 
[0042] It will be clear to those skilled in the art that the 
(digital) filters F j( the delay units D s and the amplifiers Aj 
do not have to be physically separate components, but 
that they can be realised by means of one or more digital 
signal processors. 

[0043] Resolution over a period of about 1 0 microsec- 
*. onds is found to tea suitable value in order to achieve 
adequate resolution in respect of the transmission angle 
[}. Good coherence of the loudspeakers, even at higher 
frequencies, is also ensured by this means. This is 
achieved by using a sampling frequency of 48 kHz for 
the analogue/digital conversion in the analogue/digital 
converter ADC and using the same sampling frequency 
for calculation of the filter coefficients as well. The delay 
units Dj are fed at a sampling frequency of 96 kHz by 
doubling the first-mentioned sampling frequency. This 
gives a resolution of 1 0.4 microseconds. Of course, oth- 
er sampling frequencies are also possible within the 
scope of the invention. 

[0044] A loudspeaker array designed in accordance 
with the guidelines given above has a well defined di- 
rectional sensitivity which is substantially frequency-in- 
dependent over a wide frequency range, that is to say 
up to at least a value of S kHz. The directional sensitivity 
is found to be very good in practice. 
[0045] It is also possible to design a loudspeaker ar- 
ray in accordance with the guidelines given above with 
which the transmission pattern is not perpendicular to 
the axis along which the loudspeaker array is located 
(or the plane in which said array is located). The opening 
angle a can be selected by making a suitable choice for 
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the filter coefficients, whilst any desired transmission 
angle p can be obtained by adjustment of the delay 
times. In this way a sound pattern can be directed elec- 
tronically. When a one-dimensional loudspeaker array 

5 is used, the transmission pattern is rotationally symmet- 
rical with respect to the array axis 2. When a two-dimen- 
sional loudspeaker array is used, the transmission pat- 
tern is symmetrical according to a mirror image about 
the array plane. This symmetry can advantageous/ be 

to used in situations in which the directional sensitivity of 
the sound which is generated at the rear of the loud- 
speaker array also has to be controlled. 
[0046] Finally, Figure 4 shows an example of a (sim- 
ulated) polar diagram to illustrate a possible result of a 

*s loudspeaker array designed according to the invention. 
The opening angle a shown in this figure is approximate- 
ly 10°, whilst the transmission angle p is approximately 
30°. The arrangement of the loudspeaker array which 
generates the pattern shown is likewise shown diagram- 

20 matically. For the sake of convenience, the exponential 
distribution has been dispensed with in this diagram. 

Claims 

25 

1. Loudspeaker system comprising a first set of at 

least three loudspeakers (SP 0 , SP V ), which are 

arranged along a first straight line in accordance 
with a predetermined pattern, each loudspeaker 

30 having an associated filter (F 0 , ....), which filters 
all receive an audio signal (AS) and are equipped 
to transmit output signals to the respective loud- 
speakers (SP 0 , SPt ) such that they, during op- 
eration, generate a sound pattern of a predeter- 

35 mined form, characterised in that the at least three 
loudspeakers (SP 0 , SP, ) of said first set set ar- 
ranged on locations (1(i)) relative to an origin, said 
locations being defined by the following equation: 

c q .2.k 

/(/) n k. . where 0 < i< n - 1 

/ max 



45 where: 

l(i) = locations on which a loudspeaker is ar- 
ranged: the origin is the location for which i -» »; 



c 0 = the speed of sound (m/s); 
k = a proportionality constant, which is a meas- 
ure of opening angle a; 
n = number ot loudspeakers per octave band: 
n max " tne tota ' number of discrete steps in a 
single dimension depending on the desired fre- 
quency range. 

w min - the lowest reproducible angular frequen- 
cy (radians per second) at which the opening 
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angle a is still controlled; 

and wherein when in accordance with said equation 
loudspeakers would have to be placed a distance 
apart which is smaller than the physical size permits 
they are placed in contact with one another. 

2. Loudspeaker system according to Claim 1 , charac- 
terised by a second set of at least three loudspeak- 
ers (SP.,, SP. 2 ■■■) arranged along a second 
straight line in accordance with an equal equation 
as the first set of at least three loudspeakers, origins 
of said first and second sets being coincident. 

3. Loudspeaker system according to Claim 2, charac- 
terised in that the first and second straight lines co- 
incide and that the first set of loudspeakers (SP 0 , 
SP V ...) is disposed on one side of said origin and 
the second set of loudspeakers (SP.,, SP. 2 , ....) is 
disposed on the other side of said origin on said 
straight line. 

4. Loudspeaker system according to Claim 1 , charac- 
terised by a plurality of further sets of at least three 
loudspeakers, each further set arranged along a 
further straight line in accordance with an equal 
equation as the first set of at least three loudspeak- 
ers, any of said further straight lines being parallel 
to said first straight line. 

5. Loudspeaker system according to one of the pre- 
ceding claims, characterised in that the loudspeak- 
ers are identical. 

6. Loudspeaker system according to Claim 4, charac- 
terised in that the further sets of at least three loud- 
speakers have been optimised for a specific, pre- 
determined frequency band. 

7. Loudspeaker system according to one of the pre- 
ceding claims, characterised in that the filters (F 0 , 
F v ....) are either FIR filters or IIR filters. 

8. Loudspeaker system according to one of the pre- 
ceding claims, characterised in that the filters are 
digital filters (F 0 , F 1( ....) which have predetermined 
filter coefficients and are each connected in series 
with associated delay units (D 0 , D, ....) having pre- 
determined delay times, which filter coefficients and 
delay times are stored in a memory, for example an 
EPROM. 
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10. Loudspeaker system according to Claim 9. charac- 
terised in that the analogue/digital converter (ADC) 
also has an output (S 02 ) for connection to at least 
one dependent ancillary module (NM). 



PatentansprGche 

1. Lautsprechersystem mit einem ersten Satz von 
mindestens drei Lautsprechern (SP 0 , SP } ...), die 
entlang einer ersten geraden Linie entsprechend ei- 
nem vorbestimmten Muster angeordnet sind, wobei 
jeder Lautsprecher ein zugeordnetes Filter (F 0 , 
F 1f ...) hat, wobei alle Filter ein Tonsignal (AS)emp- 
fangen und ausgestattet sind, urn Ausgangssignale 
an die jeweiligen Lautsprecher (SP 0 , SP V ...) zu 
ubertragen, so daG sie wahrend des Betriebs ein 
Tonmuster einer vorbestimmten Form erzeugen, 
dadurch gekennzeichnet, daB die mindestens drei 
Lautsprecher (SP 0 , SP 1t ...) des ersten Satzes an 
Stellen (l(i)) relative zu einem Ausgangspunkt an- 
geordnet sind, wobei die Stellen durch die folgende 
Gleichung definiert sind: 



c 0 .2.ji 

1(0 = k. : wobei gilt: 0 < i < n max - 1 



co . .2 

mm 



30 wobei gilt: 



50 



l(i) = Stellen, an denen ein Lautsprecher ange- 
ordnet ist; der Ausgangspunkt ist die Stelle, bei 
der i =o ist; 

' = 0- 1 n max* 1 : 

c 0 = Schallgeschwindigkeit (m/s) ; 

k = Proportionalitatskonstante, die ein MaG des 

Offnungswinkels a ist; 

n - Anzahl der Lautsprecher pro Oktavenband; 
n max = Gesamtanzahl der diskreten Schritte in 
einer einzelnen Dimension in Abhangigkeit 
vom gewunschten Frequenzbereich; 
co mjn = niedrigste reproduzierbare Winkelfre- 
quenz (rad/s) , bei der der Offnungswinkel a 
noch steuerbar ist; 

und wobei, wenn entsprechend der Gleichung Laut- 
sprecher urn eine Strecke beabstandet angeordnet 
werden muGten, die kleiner ist, als es die physische 
GroGe erlaubt, sie in Kontakt miteinander angeord- 
net werden. 



Loudspeaker system according to one of the pre- 
ceding claims, characterised in that the audio signal 
(AS) originates from an analogue/digital converter 
(ADC), which also has an input for receiving a back- 
ground signal (S^) corresponding to the sound in 
the surroundings. 



Lautsprechersystem nach Anspruch 1, gekenn- 
zeichnet durch einen zweiten Satz von mindestens 
drei Lautsprechern (SP.,, SP_ 2; ...), der entlang ei- 
ner zweiten geraden Linie entsprechend einer 
gleichartigen Gleichung wie fur den ersten Satz von 
mindestens drei Lautsprechern angeordnet ist. wo- 
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bei Ausgangspunkte des ersten und des zweiten 
Satzes ubereinstimmen. 

3. Lautsprechersystem nach Anspruch 2. dadurch ge- 
kennzeichnet, da(3 die erste und die zweite gerade 
Linie ubereinstimmen und daft der erste Satz von 
Lautsprechern (SP 0 , SP lf ...) auf einer Seite des 
Ausgangspunkts angeordnet ist und der zweite 
Satz von Lautsprechern (SP.-,, SP. 2 , ...) auf deran- 
deren Seite des Ausgangspunkts auf der geraden 
Linie angeordnet ist. 

4. Lautsprechersystem nach Anspruch 1, gekenn- 
zeichnet durch mehrere weitere Satze von minde- 
stens drei Lautsprechern, wobei jeder weitere Satz 
entlang einer weiteren geraden Linie entsprechend 
einer gleichartigen Gleichung wie der erste Satz 
von mindestens drei Lautsprechern angeordnet ist, 
wobei jede der weiteren geraden Linien parallel zu 
der ersten geraden Linie ist. 

5. Lautsprechersystem nach einem der vorhergehen- 
den Anspruche, dadurch gekennzeichnet, daft die 
Lautsprecher identisch sind. 

6. Lautsprechersystem nach Anspruch 4, dadurch ge- 
kennzeichnet, daft die weiteren Satze von minde- 
stens drei Lautsprechern fur ein spezifisches, vor- 
bestimmtes Frequenzband optimiert worden sind. 

7. Lautsprechersystem nach einem der vorhergehen- 
den Anspruche, dadurch gekennzeichnet, daft die 
Filter (F 0 , F,, ...) entweder FIR-Filter Oder IIR-Filter 
.sind. 

8. Lautsprechersystem nach einem der vorhergehen- 
den Anspruche, dadurch gekennzeichnet, daG die 
Filter digitale Filter (F 0 , F 1( ...) sind, die vorbestimm- 
te Filterkoeffizienten haben und jeweils in Reihe mit 
zugeordneten Verzbgerungseinheiten (D 0 , D, ...) 
mit vorbestimmten Verzogerungszeiten geschaltet 
sind, wobei die Filterkoeffizienten und Verzoge- 
rungszeiten in einem Speicher, z. B. einem 
EPRCM gespeichert sind. 

9. Lautsprechersystem nach einem der vorhergehen- 
den Anspruche. dadurch gekennzeichnet, daB das 
Tonsignal (AS) von einem Analag-Digital-Umsetzer 
(ADC) ausgeht, der auch einen Eingang zum Emp- 
fangen eines Hintergrundsignals (S^) hat, das dem 
Schall der Umgebung entspricht. 

10. Lautsprechersystem nach Anspruch 9, dadurch ge- 
kennzeichnet, da3 der Analog-Digital-Umsetzer 
(ADC) auch einen Ausgang (S o2 ) zur Verbindung 
mit mindestens einem abhangigen Bilfsmodul (NM) 
hat. 
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Revendications 

1. Systeme de haut-parteur comportant un premier 
ensemble d'au moins trois haut-parleurs (SP 0 , 
SP,, ...) qui sont disposes le long d'une premiere 
ligne droite selon un motif predetermine, chaque 
haut-parleur ayant un filtre associe (F 0 , F,, ...), les- 
quels filtres re9oivent tous un signal audio (AS) et 
sont equipes afin de transmettre des signaux de 
sortie vers les haut-parleurs respectifs (SP 0 , 
SP V ...) de telle sorte que, pendant le fonctionne- 
ment, its generent un modele sonore d'une forme 
predeterminee, caracterise en ce que les au moins 
trois haut-parleurs (SP Q: SP 1( ...) dudit premier en- 
semble sont disposes dans des emplacements (l(i)) 
par rapport a une origine, lesdits emplacements 
etant definis par I'equation suivante : 
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l(i) = emplacement dans lequel est dispose un 
haut-parleur ; I'origine est ('emplacement pour 
lequel i -> <» ; 
i - 1 1 .... n max - 1 , 



c 0 = la vitesse du son (m/s) ; 

k = une constante de proportionnalite, qui est 

une mesure de Tangle d'ouverture a; 

n - nombre de haut-parleurs par octave ; 

n max = ' e n o m bre total de pas discrets dans une 

unique dimension, en fonction de la plage de 

frequence souhaitee ; 

co min = la frequence angulaire reproductible la 
plus basse (radians par seconde) pour laquelle 
Tangle d'ouverture a est toujours commande ; 

et dans lequel, lorsque, selon ladite equation, de6 
haut-parleurs devraient etre places a une distance 
qui est inferieure a ce que permet la taille physique, 
ils sont places en contact Tun avec I'autre. 



2. Systeme de haut-parleur selon la revendication 1, 
caracterise par un deuxieme ensemble d'au moins 
trois haut-parleurs (SP.,, SP. 2 ...) dispose le long 
d'une deuxieme ligne droite selon une equation 

so egale au premier ensemble d'au moins trois haut- 
parleurs, lesorigines SP. 2 = ...) dispose le long d'une 
deuxieme ligne droite selon une equation egale au 
premier ensemble d'au moins trois haut-parleurs, 
les origines desdits premier et deuxieme ensem- 

S5 bles etant coincidentes. 

3. Systeme de haut-parleur selon la revendication 2, 
caracterise en ce que les premiere et deuxieme It- 
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gnes droites coincident et en ce que le premier en- 
semble de haut-parleurs (SP 0 , SP lt ...) est dispose 
sur un cote de ladite origine et le deuxieme ensem- 
ble de haut-parleurs (SP. 1( SP. 2 , ...) est dispose de 
I'autre cote de ladite origine sur ladite ligne droite. s 

4. Systeme de haut-parleur selon la revendication 1, 
caracterise par plusieurs autres ensembles d'au 
moins trois haut-parleurs, chaque autre ensemble 
etant dispose le long d'une autre ligne droite suivant io 
une equation egale au premier ensemble d'au 
moins trois haut-parleurs, n'importe laquelle desdi- 

tes autres lignes droites etant parallele a ladite pre- 
miere ligne droite. 

is 

5. Systeme de haut-parleur selon Tune quelconque 
des revendications precedentes, caracterise en ce 
que les haut-parleurs sont identiques. 

6. Systeme de haut-parleur selon la revendication 4, 20 
caracterise en ce que les autres ensembles d'au 
moins trois haut-parleurs ont ete optimises pour 
une bande de frequence pr§d6terminee sp^cifique. 

7. Systeme de haut-parleur selon Tune quelconque 2S 
des revendications precedentes, caracterise en ce 
que les filtres (F 0 F v ...) sont des filtres FIRou bien 
des filtres IIR. 

8. Systeme de haut-parleur selon I'une quelconque 30 
des revendications precedentes, caracterise en ce 
que les filtres sont des filtres numeriques(F 0 F 1 , ...) 

qui ont des coefficients de filtre predetermines et 
sont relies chacun en serie avec des unites de re- 
tard associees (D 0 , D v ...) ayant des temps de re- 3S 
tard predetermines, lesquels coefficients de filtre et 
temps de retard sont stocked dans une me*moire, 
par exemple une EPROM. 

9. Systeme de haut-parleur selon Tune quelconque *o 
des revendications precedentes, caracterise en ce 
que le signal audio (AS) provient d'un convertisseur 
analogique/numerique (ADC), qui comprend aussi 
une entree pour recevoir un signal de fond (S 12 ) cor- 
respondent au son present dans les zones environ- is 
nantes. 

10. Systeme de haut-parleur selon la revendication 9, 
caracterise en ce que le convertisseur analogique/ 
numerique (ADC) comprend aussi une sortie (S 02 ) 50 
pour une connexion avec au moins un module auxi- 
liaire dependant (NM). 
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